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BACKGROUND OF THE INVENTION 



1. Field Qf The Invention 

The area of the present invention is that of audio mixers and, more 
particularly, the complexity required of a network to weight and add together 
multiple analog audio inputs. 

2. Background Art 

The evolution of computer technology has produced computer 
systems that are capable of simultaneously processing a variety of audio and 
video inputs- Such systems have become known in the art as "multimedia" 
computers. In a multimedia environment, audio signals from various input 
sources are typically summed and communicated to common output devices. 
These sources may include sound generated by the computer, internal 
CDROMs, external CDROMs, internal microphones, telecommunications 
DAAs, television audio, broadcast radio, and the like. 

The prior art applied to this problem has been one of arranging a 
means to vary the level of each audio signal and then computing the 
algebraic sum of the various levels using analog circuitry well known in the 
art. This technique is straightforward and capable of excellent results. 
Typically, one level adjusting circuit is used for each input channel. A stereo 
input source (e.g., CDROM) will therefore require two channels. 

While the prior art has used any number of methods to vary the level 
of an analog signal, Multimedia systems typically use some form of a 
multiplyng D/ A converter which allows discrete adjustment of the level, 
rather than the continuous adjustment of a volume control potentiometer. 
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The discrete control uses a minimum gain variation chosen to be inaudible, 
usually agreed to be less than 1 - 2 dB. 

In typical analog systems, each channel needing adjustment requires an 
operational amplifier "gain block", a resistor network to set the amount of 
5 gain, and an array of analog switches to select which tap of the resistor 

network will be used. A typical configuration will have the gain vary from 0 
to +22.5 dB in +1.5 dB steps, requiring 16 analog switches. Given the ever 
increasing demands for integration of multimedia components, it is easy to 
justify mixing 6 stereo sources. Using the techniques of the prior art this will 
jll 0 require 12 amplifiers, 192 resistors, and 192 analog switches just to implement 
H: the level adjusting portion of the circuit. 

In general, personal computer functions supporting such multimedia 
^ audio capability will be supported within a single Application Specific 
s Integrated Circuit (ASIC). In general, the level adjusting and mixing scheme 

|yl 5 needed in an audio ASIC is used to maximize the signal to quantization noise 

yy 

u ratio in an A/D converter. Consequently, the level adjusting scheme must 
|I typically increase the signal amplitude and add the resulting amplified analog 
signals together. When attempting to apply the means of the prior art to an 
equivalent circuit in an ASIC, a large amount of expensive silicon die area is 
2 0 consumed. Accordingly, there exists a need for a reduced complexity audio 
mixing apparatus which provides a capability of mixing a number of input 
sources with a minimum number of analog components. 
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SUMMARY QF THE INVENTION 

The present invention reduces the complexity of the implementation 
of an audio mixer, especially for those implementations within ASICs. 

In the audio signal mixing apparatus of the present invention, a 
number of fixed gain amplifiers are used. All of the audio signal inputs 
which require a specified gain applied are coupled together and the resulting 
signal is applied to one the fixed gain amplifiers to produce an output signal. 
This output signal is summed with the output signals of similar circuits 
running with different gains* The overall output of these various fixed gain 
amplifier circuits is the mixed audio signal. 

Because the audio mixing apparatus of the present invention relies on 
the use of fixed gain amplifiers, fewer switches and resistors than typically 
used in the variable gain amplifier networks of the prior art are required. 
Further, adapting the method of the present invention to digital mixers 
eliminates the need to perform complex multiply-adds. Instead, level 
adjusting can be performed using only simple add operations, well known in 
the signal processing art. 
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BRIEF DESCRIPTION OF THE DRAWINGS 

Figure 1 is a circuit diagram of a typical variable gain amplifier level 
adjusting circuit used in the prior art. 

Figure 2 is a block diagram of a cascaded variable gain level adjusting 
circuit using fixed gain amplifier blocks- 
Figure 3 is a block diagram of a variable gain level adjusting circuit 
wherein the outputs of the fixed gain blocks are summed together. 

Figure 4 is a block diagram of a variable gain level adjusting circuit 
wherein the outputs of the fixed gain blocks are summed together and 
wherein multiple inputs to a single gain block are summed together. 

Figure 5 is a block diagram showing one embodiment of the reduced 
complexity audio mixing apparatus of the present invention for the case of six 
input channels and gain blocks of 0, 1.5, 3, 6 and 12 dB. 

Figure 6 is circuit diagram of a typical fixed gain amplifier used in the 
gain blocks of the present invention. 

Figure 7 is a schematic diagram of a typical computer system wherein 
the audio mixing apparatus of the present invention may be utilized. 
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DETAILED DESCRIPTION OF THE INVENTION 

Referring to the drawings in detail wherein like numerals designate 
like parts and components, the following description sets forth numerous 
specific details in order to provide a thorough understanding of the present 
5 invention. However, after reviewing this specification, it will be apparent to 
those skilled in the art that the present invention may be practiced without 
these specific details. In other instances, well known structures, techniques 
and devices have not been described in detail in order to not unnecessarily 
obscure the present invention. 
Ml 0 Multimedia computers have the requirement for mixing audio from 

O an increasing variety of sources. These sources include sound generated by 
yg the computer, internal CDROMs, external CDROMs, internal microphones, 
telecommunications DAAs, television audio, broadcast radio, and the like. 
Signals from each of these devices generally have varying levels, each of 
^1 5 which needs to be adjusted before further processing can occur. Typically, the 
jjf solution to this problem has been one of arranging a means to vary the level 
of each audio signal and then computing the algebraic sum of the various 
levels using analog circuitry well known in the art. Ordinarily, one level 
adjusting circuit is used for each input channel and, hence, stereo input 
2 0 sources (e.g., CDROMs) require two channels. 

Fiure 7 shows a typical computer system 114 wherein an audio 
controller is used. Micrprocessore 116 communicates via system bus 118 with 
memory 120 and I/O controller 122. I/O Controller 122 is coupled to various 
I/O Devices 126 and to Audo Controller 124. Audio Controller 124 receives 
2 5 various audio inputs 128. As discussed above, these various audio inputs 
may be CDROMs, microphones, etc. In the prior art, Audio Controller 124 is 
an ASIC and typically includes one level adjusting circuit per channel. This 
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arrangement is now replaced by the reduced complexity audio mixing 
apparatus of the present invention. 

Referring to Figure 1, a typical variable gain amplifier network 8 is 
depicted. Each input channel requires an operational amplifier "gain block" 
5 32, a resistor network 21 to set the amount of gain, and an array of analog 
switches 22 - 30 to select which tap of the resistor network will be used. Input 
signal V in is presented to the variable gain amplifier network 8 through 
resistor Rin 10. The gain provided by amplifier network 8 is given by 

Vout/Vin * -(Rout/Rin)/ 

pi 0 where Ro Ut represents the total resistance of the resistor network 21 formed by 
jrj resistors Ri, R 2 , . . R n (12 - 20). The gain provided by the amplifier network 8 

is thus proportional to the total resistance of resistor network 21. This 
^ resistance is made variable through the use of analog switches Si - S n (22 - 30). 
5 By selecting which of switches 22-30 are closed, the effective resistance of 
fill 5 resistor network 21 is determined and, hence, the gain of amplifier network 8 
U is set. 

U A typical configuration for amplifier network 8 will have the overall 

gain vary from 0 to +22.5 dB in +1.5 dB steps, requiring 16 analog switches, 16 
resistors in resistor network 21 and one input resistor 10. For 6 stereo sources 

2 0 then, 12 amplifiers, 204 resistors, and 192 analog switches are required just to 
implement the level adjusting portion of the mixer. As indicated, such a 
circuit will consume a significant amount of silicon die area when 
implemented on an ASIC. 

The present invention reduces the complexity of the level adjusting 

2 5 portion of an audio mixer by first recognizing that the gain applied to a given 
input signal does not need to change abruptly. That is, user needs or needs of 
automatic gain control loops will change at rates much less than the upper 
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band edge of the envelope of the signal Because of the logarithmic 
distribution of the gain control desired, it is possible to factor the sum of the 
input signals with the level adjusting weights applied to reduce the circuit 
complexity. This is accomplished by first connecting together all of the inputs 
that will need one of the gains applied. The gain is applied and that weighted 
signal summed with the output of similar circuits running with different 
gains. This development of the reduced complexity circuit is illustrated with 
reference to Figures 2-5. 

Referring now to Figure 2, the variable gain requirements of the mixer 
as a whole are considered. If the gain blocks 50, 52, 54, 56 are cascaded, the 
requirement of having a step gain vary from 0 dB to +22.5 dB in 1.5 dB 
increments can be realized by switching the gain blocks in and out of the 
circuit path using switches 40, 42, 44 and 46. The overall gain of the circuit 
between nodes 38 and 46 is given by 

Vout/Vm = Si(1.5 dB) + S2(3 dB) + S 3 (6 dB) + S 4 (12 dB) 
where the values of Si, S2, S3 and S4 are 0 for the case where the associated 
gain block is switched out of the circuit and 1 for the case where the associated 
gain block is switched in to the circuit. For the example shown in Figure 2, 
the overall gain is 7.5 dB (i.e., Si = 1, S2 = 0, S 3 = 1 and S 4 = 0). Thus, it is 
apparent that 0 dB < V ou t/ < +22.5 dB is achieved by selecting which of 
switches 40, 42, 44 and 46 are closed. 

The same performance may be had using a summing arrangement 
rather than a cascade. Figure 3 depicts such an arrangement wherein the 
input signal Vin from node 38 is applied to each of gain blocks 50, 52, 54, 56 
and 58. Numeral 58 indicates the special gain block adding 0 dB to the input 
signal. This gain block is associated with the case where all of the switches 40, 
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42, 44 and 46 in Figure 2 are positioned such that none of the gain blocks are 
switched in to the circuit. In other words, Si = S2 = S3 = S4 = 0. 

The summing device 60 in Figure 3 is used to select which of the gain 
. block output signals v 0 , vi, V2, v 3 and v 4 (80, 81, 82, 83 and 84, respectively) 
5 will be coupled to output node 48. Summing device 60 is capable of coupling 
any combination of these signals so that the goal of varying the overall gain 
from 0 dB to +22.5 dB in 1.5 dB increments is maintained. 

The network depicted in Figure 3 is now modified for the case of 
multiple inputs requiring similar amplification. Referring to Figure 4, the 
§4 0 case of three inputs each requiring +3 dB gain is depicted. The individual 
□ input signals, Vi, V2 and V3, are presented at input nodes 64, 66 and 68, 
d3 respectively. Switches 70, 72 and 74 determine which of these input signals 
M are to be coupled to the gain block network 90. When switch 70 is closed, 
s = input node 64 is coupled to gain block 52 (+3 dB) through summing device 62. 
fyl 5 Similarly, when switches 72 and 74 are closed, input nodes 66 and 68, 

respectively, are coupled to gain block 52 through summing device 62. In one 
y embodiment, summing device 62 is an op amp slimming node (a device well 
known in the art), allowing each input signal to be coupled to gain block 52 
when a respective switch is closed. 
2 0 The output at node 76 for the example shown in Figure 4 is 

Vout = (Vi + V 2 + V 3 )(+3 dB), 
assuming each of switches 70, 72 and 74 is closed. 

Figure 5 depicts a complete reduced complexity network according to 
the present invention. Gain blocks 50, 52, 54, 56 and 58 provide the required 
2 5 gain steps for the example of 0 dB < V out /V in < +22.5 dB. Individual input 
signals Vi - V 6 are associated with various input devices. For example, Vi 
and V2 might represent the two input channels (Left and Right) for an 
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internal CDROM in a multimedia computer. V3 and V4 might represent the 
two input channels for television audio. V5 might represent the input 
channel for a microphone and V6 might represent the input channel for a 
. broadcast monaural radio signal. It will be appreciated that these examples 
5 are meant to be descriptive only and are not intended to limit the present 
invention. 

Each of input signals Vi - V 6 are applied to each of gain blocks 50, 52, 54, 
58 and 58 through summing nodes 92, 94, 96, 98 and 100, respectively. 
Although not depicted in Figure 5 for the sake of clarity, each of summing 
1 0 nodes 92, 94, 96, 98 and 100 are similar to summing device 62 in Figure 4. As 
indicated, in a preferred embodiment of the invention, these summing nodes 
are op amp summing nodes, well known in the art. 

Each of input signal Vi - V6 are applied to each of summing nodes 92 - 
100 through a switch. For clarity, only switch 102 has been designated, 

1 5 however, it will be appreciated that each of the switches illustrated in Figure 5 

are identical. Switch 102 operates simlarly to switches 22-30 in Figure 1. By 
opening or closing the associated switch, e.g., switch 102, a given input signal 
can be coupled to a given gain block through an associated summing node. In 
practice, these switches can be user selected or software controlled to provide 

2 0 the required electrical path for each of inputs V1-V6. 

As illustrated in Figure 5, the present invention has reduced the 
complexity of the level adjusting portion of the mixer by connecting together 
all of the inputs that will need one of the gains applied. The gain is applied 
through one of gain blocks 52 - 58 and that weighted signal is summed with 
2 5 the output of similar circuits utilizing different gains at node 104. For the 
typical gain requirements noted above (i.e., 0 - +22.5 dB), stages with 0, +1.5, 
+3, +6, and +12 dB are required. For the example cited (6 stereo channels with 
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16 steps /channel), the new circuit requires 5 (0, +1.5, +3, +6, +12 gain select) x 
2 (Left, Right) x 6 (sources) = 60 switches, 5 amplifiers, and a trifling number of 
resistors (on the order of 10) to set the gain of each of the 5 amplifiers- This 
. represents slightly over a 2/3 decrease in analog switches alone, which will 
5 translate into reduced die area and reduced test time. 

More generally, the complexity of the new circuit, using the novel 
approach depicted in Figure 5, compared to the old circuit, using the approach 
depicted in Figure 1, in terms of the reduction in the number of analog 
switching elements is 
Ql 0 new/old - 2m(l + log 2 n) / 2mn 

y for m channels with n gain steps/channel. The number of stages of differing 
m gain is reduced from 2m variable gain amplifiers to 2(1 + log 2 n) fixed gain 
j~ amplifiers. The "1" is needed for the special 0 dB case as discussed above, 
y. The use of fixed gain amplifiers (as represented in gain blocks 50 - 58) 

!*1 5 allows for the reduced number of resistors and the elimination of switches 
^ which were required in the case of the variable gain amplifiers. As shown in 
H Figure 6, each of gain blocks 50 - 58 can be implemented using a fixed gain 
amplifier consisting of a single op amp 110 and two resistors 106, 108. 
Resistors 106 and 108 are selected so as to provide the required gain, e.g., +3 dB 
2 0 for the case of gain block 52. The input to the fixed gain amplifier 112 is, for 
example, node 96. The output of the fixed gain amplifier is node 104. 

It will be appreciated by those skilled in the art that two potential 
shortcomings of this approach relate to offset voltages and phase shifts in the 
different gain branches 50 - 58. Offset voltages can be a problem if the network 
25 is switched rapidly, but this will generally not be the case. The network will 
be switched in response to user requirements or in response to automatic gain 
control schemes which will typically have adaptation times in the 10 - 100 



04860.P1714 



TNF/jv 



msec range. Offsets may be further reduced by addition of auto-zero circuitry 
well known in the art and well suited to integrated circuit construction, or 
they may be ameliorated by digital schemes using a table of calibration values 
which would be subtracted from digitally converted data. Phase shifts in the 
5 different gain channels can introduce a gain error, especially at higher 

frequencies (> 2 kHz). This can be reduced using techniques well known in 
the art such as low value gain setting resistors and higher gain-bandwidth 
amplifier blocks. 

An alternate implementation of the present invention uses digital 
p. 0 techniques, and does not suffer from the possible DC offset and phase shift 
H: limitations of the analog embodiment discussed above. The digital 

implementation would be of considerable interest for digital audio mixing 
Sf Z applications. As an example, a codec requiring five stereo digital mixers 

independently capable of mixing ten stereo sources will require 200 multiplies 
fill 5 using established signal processing techniques. Adapting the technique here 
M= disclosed would require an array of adders and gain scaling amplifiers. The {0, 
tl +1.5, +3, +6, +12} weight values may be easily realized by power of 2 shifts and 
adds, further simplifying the implementation. As a consequence, the digital 
mixer would then require 10 x 5 x 10 + 10 x 5 = 550 adds instead of 200 
2 0 multiplies (and an additional 200 adds). 

Thus, a reduced complexity audio mixing apparatus has been described. 
Although the present invention has been described with specific reference to 
a number of details of the preferred embodiment and with reference to 
Figures 1 through 6, it will be apparent to those skilled in the art that a 
2 5 number of modifications and various variations may be employed without 
departure from the scope and spirit of the present invention. 
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